The ModFM synthesis vocoder by Lazzarini, Victor & Timoney, Joseph
THE MODFM SYNTHESIS VOCODER
Victor Lazzarini, Joseph Timoney
Sound and Digital Music Technology Group
National University of Ireland, Maynooth, Ireland
victor.lazzarini@nuim.ie
jtimoneyi@cs.nuim.ie
ABSTRACT
Vocoders have been practical tools for synthesis and pro-
cessing since the original voice encoder by Homer Dud-
ley in the 1930s . They enable the transformation and
reproduction of an input sound by the manipulation of
its spectral envelope. This paper presents a new varia-
tion on the principle utilising the technique of Modified
FM (ModFM) synthesis for sound generation. The gen-
eral design of the vocoder is introduced, followed by a
non-mathematical introduction to the ModFM synthesis
algorithm. The article is completed with an outline of ap-
plications and a discussion of some basic examples of the
vocoder operation.
1. INTRODUCTION
As is the case with many of today’s electronic musical
instruments, the vocoder was originally developed by the
telecommunications industry as means of coding speech
signals [6]. It is seen as the first breakthrough in the effort
to reproduce speech using electronic means. Various de-
signs of vocoders have been proposed along the years, in-
cluding the use of linear prediction [1] and spectral analy-
sis (e.g. the Phase Vocoder [7], which has become a more
general-purpose analysis-synthesis method).
In this work, we will be concentrating on the channel
vocoder. Since the 1970s, little research work has been
published on the channel vocoder with only a few new
papers appearing, such as [8] and [4]. The work in [8]
suggested some new speech processing applications that
would be possible using a digital version of the vocoder,
while [4] looked at implementing the analysis/synthesis
procedure of the vocoder algorithm using wavelets. This
is curious in that although it is a widely used device very
little innovation has occurred since its original design over
70 years ago.
For speech processing, the vocoder operates by first
carrying out a sub-band analysis of signal power or am-
plitude (fig.1). The data obtained by this analysis can
then be used to resynthesise the signal by its application
to matched sub-band synthesis channels (fig.2). The ex-
citation source for the synthesis component is generally
based on broad bandwidth oscillators. As far as a commu-
nication system is concerned, this arrangement performs
reasonably well for vocal signals of pitched nature (the
Figure 1. The channel vocoder analysis stage.
so-called voiced signals), mostly represented by vowels
and semivowels. The use of an added noise generator for
non-pitched sounds, represented by some of the conso-
nants, can also improve the overall quality of the repro-
duced sound. The development of alternative methods of
speech spectrum analysis led to the channel vocoder be-
ing superseded as an engineering tool, however it did find
a distinct place in electronic music. A well-known early
example of its use in popular music is found in Wendy
Carlos’ soundtrack to the 1971 film A Clockwork Orange.
The vocoder still features as an instrument in various types
of electronic and pop music. Its ability to blend vocal and
instrumental sounds (which take the place of the excita-
tion oscillators) into something of an other-worldly qual-
ity has meant that instrument is still used in various types
of electronic and pop music.
This indicates us that, in terms of a musical system,
the vocoder has a lot to offer. As we are not always con-
cerned with the ability to communicate a given speech sig-
nal, but with opportunities to manipulate and transform
a source sound in a creative way, there is now plenty of
scope for work. Depending on how we store the analysis
signal, it is possible to apply timescale and pitch changes
to the sound, to modify vocal formants, to create transi-
tions between distinct sounds and to cross-synthesise two
or more input signals. The design of the channel vocoder
is simple and open enough to allow for variations and im-
provements. In this paper, we will describe how we mar-
ried this basic design with a method of formant synthesis
based on the Modified Frequency Modulation (ModFM)
Proceedings of the International Computer Music Conference 2011, University of Huddersfield, UK, 31 July - 5 August 2011
591
algorithm [10] to give rise to yet another variation with
different-sounding characteristics.
Figure 2. The channel vocoder synthesis stage.
1.1. ModFM synthesis
The technique of ModFM synthesis is a non-linear dis-
tortion method based on frequency (or phase) modula-
tion [5]. It uses a complex index of modulation (which
is purely imaginary), generating sidebands that are scaled
by modified Bessel coefficients. The following discus-
sion is intentionally non-mathematical, but the interested
reader is referred to our paper on the ModFM theory[10],
where an extensive discussion of its technical principles is
found. The phase-synchronous variation of this technique
has been shown to be useful in the synthesis of formants in
[9]. Based on these ideas, a ModFM operator can be de-
signed to emulate a region of resonance in the spectrum.
Its flowchart is shown on fig.3.
As it can be seen, these operators are based on four
table lookups and a few multiplications. Each one takes
as parameters the centre frequency fc, fundamental f0 and
bandwidth Bw (or alternatively, aQ factor as the ratio fc :
Bw). From these, the internal variables seen in the fig.3
flowchart are calculated (for details see [10]). They can
synthesise a number of harmonics within the given band-
width around fc (fig.4), with a fundamental frequency based
on a common input phase signal (obtained from a simple
modulo phase source). As all the harmonics generated
are always in cosine phase, there are no phase interaction
issues regarding the mixing of various parallel ModFM
operators.
2. THE MODFM VOCODER
The design of the ModFM vocoder is shown on fig.5. It
is based on a sub-band analysis of an input signal using a
bank of parallel filters, from which the RMS amplitudes
of each channel are extracted on a sample-by-sample ba-
sis (via a standard RMS detection method). Channels are
logarithmically spaced, covering a user-defined range and
with user-defined Q factors. In addition, we obtain the
fundamental frequency and overall amplitude of the input
sound (pitch and envelope detection).
Figure 3. A ModFM synthesis operator. It takes an am-
plitude and a modulus phase as input, producing an audio
signal as output. Its parameters a, n and k are dependent
on the centre frequency fc, fundamental f0 and bandwidth
Bw [10].
These elements comprise the analysis data that is then
applied to a bank of ModFM operators, one for each sub-
band or channel. ModFM bandwidths are set to those of
the filter bank and each operator centre frequency is tuned
to a matching filter. The analysed pitch and overall am-
plitude are used, respectivelly, to control the fundamental
frequency of all operators and to impose an envelope to
the synthesis mix.
In general, the arrangement of channels in the ModFM
vocoder follows a basic principle whereby N centre fre-
quencies are spaced logarithmically over a given range.
The number of channels N, and the difference between
the highest and lowest frequencies in that range define the
actual centre-frequency spacing and the filter bandwidth
then can be either automatically defined by this spacing
or independently set according to a given Q factor. The
latter option is probably the one that offers a better flex-
ibility and greater range of musical effects. In general,
depending on the application, the typical number of chan-
nels will range between 12 and 30, with bigger filterbanks
used for finer spectral modelling.
The use of ModFM synthesis here gives the vocoder a
distinct sound, which provides an interesting variation to
the usual filterbank synthesis of fig.2. The characteristics
of ModFM synthesis (as discussed, for instance, in [9])
will impart a distinct tone colour to the instrument output.
2.1. Modes of operation
The vocoder can operate with realtime input signals or as
a resynthesis tool. In the first scenario, the analysis data is
streamed directly to the synthesis bank, with possible re-
altime modifiers inserted in between the two stages. This
is the typical operation of the vocoder and a number of ap-
plications are possible, which will be discussed in the fol-
lowing sections of this paper. As a more general-purpose
analysis-synthesis tool, we propose the use of the ModFM
vocoder in a two-step set-up. The analysis filterbank and
the pitch and amplitude detection, in this case, are per-
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Figure 4. The output spectrum of a ModFM synthesis
operator, centred at 1KHz, with Q= 5 and f0 = 100Hz
formed separately, offline, and the data stored for later
re-synthesis using the ModFM synthesiser. This method
produces similar results to the one described in [9], where
a Kalman filter analysis is employed. However, as shown
in fig.5, here we have only tracks of amplitudes for each
channel, as well as pitch and amplitude envelope, whereas
in that case, we would have tracked formant centre fre-
quency and bandwidth as well (which are fixed in the
ModFM vocoder). This allows for some additional trans-
formation possibilities (e.g. timescale modifications) not
possible in the realtime processing scenario.
Figure 5. The ModFM vocoder flowchart.
3. APPLICATION EXAMPLES
3.1. Pitch effects
The most typical use of a channel vocoder is to reproduce
vocal sounds with the substitution of the original pitch,
which can lead to mechanical or robotic voice impres-
sions. In fact, along these lines, a number of effects can
be created.
One interesting application is in vocal tuning correc-
tion, where the detected pitch is modified to fit a given
scale in 12-tone equal temperament (12TET; other tun-
ings are also possible, but we use this one as an exam-
ple here). A diagram describing this scheme is shown on
fig.6. The output of the pitch tracker is first converted into
a 12TET integral pitch value (by rounding), then into a
mod12 pitch class. The pitch class number is compared to
a table containing a scale. If the detected pitch matches a
scale pitch class, it is taken as the target pitch of the note.
If the pitch is not found on the scale, we check whether
the rounding was done upwards or downwards. Depend-
ing on the direction of the rounding, we will increase or
decrease the pitch by a semitone (in the case of the typical
7-note diatonic scale). The time response of the algorithm
can be controlled by a simple first-order IIR lowpass filter
[3] placed in the pitch control signal path. Various effects
typical of electronic dance music can be performed with
this design.
Figure 6. Pitch correction algorithm.
Another useful application, based on the above prin-
ciples is a harmoniser. By defining a transposition inter-
val, the detected pitch can be scaled to provide a harmony
voice that can be mixed to the original signal. This ef-
fect can be also be complemented by a similar process to
the pitch correction algorithm above to provide harmonies
that are based on a given scale. It is important to note
that while these processes are typically applied to vocal
sounds, they can be used with any input sound (provided
that it is monophonic and pitched).
Finally, by substituting the original pitch, the ModFM
vocoder can be used as a model-based synthesiser, based
on the analysis of instrumental samples. Channel data and
envelopes can be obtained from various sources, stored
and then reproduced with variable pitch. This data can be
significantly decimated in time, so that a degree of data
reduction can be obtained. This type of synthesis can be
combined with spectral envelope transformations, such as
the ones described in the following sections, for various
musically interesting effects.
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3.2. Spectral envelope effects
Given that the core of the ModFM vocoder operation is
based on the analysis of the spectral envelope of an input,
some transformations can be applied to this data. For in-
stance, transitions between two or more spectral envelopes
can be effected by interpolation of channel amplitudes. In
the offline analysis mode, this is simply done by utilising
more than one set of channel tracks and performing linear
interpolation on them. For realtime processing operation,
more than one stream of analysis data can be produced by
separate filterbanks. Synthesis is performed in the usual
way from the interpolated channel data. Pitch and overall
amplitude data can be also interpolated or not, depending
on the type of effect desired.
Another interesting effect in this category is spectral
envelope warping. This is done by breaking the match
between analysis and synthesis centre frequencies, either
by a combination of scaling and offsetting of the synthe-
sis channels or by some other non-linear function applied
to this parameter. A typical result for vocal re-synthesis
is that of gender/age changing and ’donald duck’ effects
caused by the shifting of formants. However, spectral
warping is not limited to these applications, as it can be
used in a variety of timbre manipulations of instrumental
tones.
Finally, it is worth mentioning that filtering effects can
be implemented by applying scaling or masking functions
to the channel amplitude data. For instance, a band-reject
filter can be created by the application of a mask that zeros
the amplitude of one or more channels. Notch filters can
be effect by scaling the channel amplitudes by functions
with maxima at the frequencies of interest.
3.3. Timescale modifications
As noted before, the offline operation mode also allows
for timestretching and compressing of an analysed sound.
This is, of course, an operation that is independent of fre-
quency. The quality of timestretching will largely depend
on how much decimation has been applied to the chan-
nel track data, as the interpolation artifacts will be more
noticeable when less analysis points are available. In gen-
eral, the ModFM vocoder is capable of musically interest-
ing timescale effects.
4. CONCLUSIONS
This paper presented a new formulation of the traditional
channel vocoder with the use of ModFM as its synthesis
algorithm. We introduced the principles of operation of
the vocoder and the technique of ModFM synthesis. The
design of the ModFM vocoder was laid out in some detail,
where it was shown to be based on a filterbank, pitch and
amplitude analysis stage followed by a series of parallel
operators tuned to different centre frequencies and shar-
ing a common fundamental. The design was shown to
have two basic modes of operation: realtime processing,
where the analysis and synthesis as performed together
on a streaming basis; and offline, where the analysis is
performed before hand and stored channel, pitch and am-
plitude data are used to synthesise a sound on a separate
stage. In general, the ModFM vocoder can be classed
as an adaptive synthesis and processing instrument. The
paper concluded with a tour of various applications, di-
vided into three categories of pitch, spectral envelope and
timescale effects. Typical applications of vocal correction,
spectral envelope and timestretching were discussed.
A prototype of the ModFM vocoder has been imple-
mented in the Csound language [2]. Sound examples and
application code can be found in
http://music.nuim.ie/synthesis
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